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DETAILED ACTION 



Specification 



1 . The Specification and the claims are objected to because of the following 
informalities: 

> There is inconsistent use of the terminology MIRS. "Modified Intermediate 
Response System" versus the Specification referring to "Modified Intermediate 
Reference System" (recommended by the ITU-T Recommendation P.48), which 
apparently was intended. The examiner has interpreted the former as the latter. 

Appropriate correction is required. 



2. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
invention was made to a person having ordinary skill in the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner in which the invention was made. 



3. Claims 1-4, 6, 16-19, 21-23, 25-26, 29-32, 34 and 38 are rejected under 35 
U.S.C. 103(a) as being unpatentable by Kroon (U.S. Patent No. 5,664,055) in view of 



Claim Rejections - 35 USC § 103 



Kurdziel (U.S. Patent No. 5,692,098). 
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Regarding claim 1, Kroon discloses a method for conditioning a speech signal in 
preparation for coding of the speech signal (preprocessor; figure 3, element 100; 
column 4, lines 49-62), the method comprising the steps of: 

accumulating samples (copying samples) of the speech signal (speech signal; 
column 1, lines 27-33); and 

evaluating the accumulated samples (column 14, lines 21-40) associated with the 
minimum sampling period to obtain a representative sample (model; column 1 , lines 27- 
33), but Kroon lacks at least a minimum sampling duration. 

However, it would have been obvious to one of ordinary skill in the art to 
accumulate the samples over at least a minimum sampling duration to properly ensure 
that the spectral slope can be reasonably accurately computed, which is well known in 
the art. 

Kroon also lacks the method comprising the steps of: 

determining whether a slope of the representative sample of the speech signal 
conforms to a defined characteristic slope stored in a reference database of spectral 
characteristics; and 

selecting one of the first filter and a second filter for application to the speech 
signal prior to the coding based on the determination on the slope of the representative 
sample. 

Kurdziel discloses the method comprising: 

determining whether a slope of the representative sample (initial analysis frames; 
column 3, lines 42-52) of the speech signal conforms to a defined characteristic slope 



Application/Control Number: 09/781 ,735 Page 4 

Art Unit: 2655 

stored in a reference database of spectral characteristics (column 4, lines 46-54), to 
remove any spectral tilt; and 

selecting one of the first filter (pre-emphasis filter) and a second filter (high-pass 
filter; column 3, lines 40-41 ) for application to the speech signal prior to the coding 
based on the determination on the slope of the representative sample (initial analysis 
frames; column 3, lines 6-52), to cancel out pre-emphasis as needed. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it determines 
whether a slope of the representative sample of the speech signal and selects one of 
the first filter (if negative slope) and a second filter (if flat) for application to the speech 
signal prior to the coding based on the determination on the slope of the representative 
sample to flatten the spectrum for speech to prevent LPC instability, which is well known 
in the art. 

Regarding claims 2 and 30, Kroon discloses a method and system for 
conditioning a speech signal in preparation for coding of the speech signal but lacks 
disclosing the method and the system comprising selecting the first filter if a slope of the 
representative sample of the speech signal conforms to the defined characteristic slope 
in accordance with determining step. Kurdziel discloses the method and the system 
comprising selecting the first filter (pre-emphasis filter) if a slope of the representative 
sample (initial analysis frames; column 3, lines 6-52) of the speech signal conforms to 
the defined characteristic slope (removes spectral tilt; column 6, lines 36-44) in 



Application/Control Number: 09/781 ,735 Page 5 

Art Unit: 2655 

accordance with determining step, to flatten the spectrum to adequately quantize the 
high frequency components (column 3, lines 6-10). 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it selects the first 
filter if a slope of the representative sample of the speech signal conforms to the defined 
characteristic slope in accordance with determining step to improve the quality of an 
audio signal (column 1, lines 58-62). 

Regarding claims 3 and 31, Kroon discloses a method and system for 
conditioning a speech signal in preparation for coding of the speech signal but lacks 
disclosing the method and the system further applying the first filter to lessen a slope of 
the speech signal to approach a flatter spectral response in preparation for the coding. 
Kurdziel teaches the method and the system further applying the first filter (pre- 
emphasis filter; figure 1, element 12) to lessen a slope of the speech signal to approach 
a flatter spectral response in preparation for the coding (equalize or flatten the 
spectrum; column 3, lines 1-10), to remove spectral tilt to flatten the spectrum. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it applies the first 
filter to lessen a slope of the speech signal to approach a flatter spectral response in 
preparation for the coding as taught by Kurdziel, to improve frequency response of a 
signal, which is well known in the art. 

Regarding claims 4 and 32, Kroon discloses a method and system for 
conditioning a speech signal in preparation for coding of the speech signal but lacks 
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selecting the second filter if a slope of the representative sample of the speech signal is 
flat in accordance with the determining step. Kurdziel discloses the method and the 
system comprising selecting the second filter (high pass RC filter) if a slope of the 
representative sample of the speech signal is flat (column 3, lines 6-41 and claim 5) in 
accordance with the determining step, to pass the speech through. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it selects the second 
filter if a slope of the representative sample of the speech signal is flat in accordance 
with the determining step to pass the speech through since the speech signal is already 
flat due to the pre-emphasis filter. 

Regarding claims 6 and 34, Kroon discloses the method and the system 
comprising averaging the accumulated samples (copying past samples) to obtain the 
representative sample (model; column 1, lines 27-33), but Kroon lacks accumulating 
these samples over the minimum sampling duration. 

However, it would have been obvious to one of ordinary skill in the art to 
accumulate the samples over at least a minimum sampling duration to properly ensure 
that the spectral slope can be reasonably accurately computed, which is well known in 
the art. 

Regarding claim 16, Kroon discloses the method further comprising adjusting a 
bandwidth expansion of the speech signal to change a value of a linear predictive 
coefficient (LP coefficients) for at least one of a synthesis filter and an analysis filter 
(analysis-by-synthesis search procedure) from the previous value (original) to a revised 
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value (synthesized) based on a degree of slope or flatness in the speech signal 
(weighted distortion; column 4, lines 49-64 and column 12, lines 16-67). 

Regarding claim 17, Kroon discloses a method and system for conditioning a 
speech signal in preparation for coding of the speech signal but lacks the following 
equation: 

1 / A(z) = 1 /(1-(summ I = 1...P) ai revised z-) (column 12, line 21) 



where 1/A(z) is a filter response represented by a z transfer function (1/A(z)), a\ 
revised is a linear predictive coefficient (ai), I = 1...P (i = 1...10), and P is the prediction 
order or filter order of the synthesis filter, 

ai revised = 3i previous gamma 

where ai revised is a revised linear predictive coefficients, ai previous is a previous 
linear predictive coefficient, gamma is the bandwidth expansion constant, I = 1 ...P, and 
P is the prediction order of the synthesis filter of the encoder, and where ai previous 
represents a member of the set of extracted linear predictive coefficients {a\ previous}? 1=1, 
for the synthesis filter of the encoder, to improve audio quality. However the positive 
sign can be interpreted as being aican be either positive or negative. 

Regarding claim 18, Kroon discloses the method where the value of the 
bandwidth expansion constant (figure 5; f sub 0) for a generally flat spectral response 
differs from that of the defined characteristic slope (column 17, lines 29-34). 
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Regarding claim 19, Kroon discloses the method where the value of the 
bandwidth expansion constant (figure 5; f sub o) is greater for a generally flat spectral 
response that the defined characteristic slope (column 17, lines 29-34). 

Regarding claim 21, Kroon discloses the method further comprising adjusting a 
frequency response (adjustment of frequency response) of a perceptual weighting filter 
(perceptual weighting filter) based on a degree of slope or flatness in the speech signal 
(flat; column 1 6, line 65 - column 1 7, line 34). 

Regarding claim 22, Kroon discloses the method further comprising adjusting a 
frequency response of a perceptual weighting filter based on the following equation: 

Equation (column 17, line 1) 

where alpha is weighting constant, beta (gamma2) and p (gamma i') are present 
coefficients, p (10) is the predictive order, and {ai} (alphai) is the linear predictive coding 
coefficient, but lacks the use of the de-emphasis filter (1 / 1 -alpha z"''). 

However, it would have been obvious to one of ordinary skill to use a de- 
emphasis filter with and decoder to undo the spectral tilt of the encoder to obtain an 
actual spectral weight instead of a modified version of the spectral weight. 

Regarding claim 23, Kroon discloses the method wherein the adjusting step 
comprising selecting different values of the weighting constant alpha (weight factors) to 
adjust the frequency response (adjustment of frequency response) of the perceptual 
weighting filter (perceptual weighting filter) in response to the determined slope or 
flatness of the speech signal (flat; column 16, line 65 -column 17, line 34). 
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However, it would have been obvious to one of ordinary skill in the art at the tinrie 
the invention was made to cancel pre-emphasis for perceptual weighting, which allows 
the actual signal to be coded. 

Regarding claim 25, Kroon discloses the method further comprising the step of 
adjusting a frequency response of a post filter (column 29, lines 43-44) coupled to an 
output of a decoder (decoder output; column 28, lines 10-44) based on a degree of 
slope or flatness of the speech signal (column 17, lines 29-50). 

However, it would have been obvious to one of ordinary skill in the art at the time 
the invention was made to undo pre-emphasis for perceptual weighting, which allows 
the actual signal to be coded. 

Regarding claim 26, Kroon discloses the method further comprising the step of 
adjusting a frequency response of a post filter in accordance with the following equation: 

Equation (column 17, linel) 
where gammal and gammal ((gamma2') and (gamma ^)) represents a set of post 
filtering weighting constants, {ai} (alpha;) is the linear predictive coding coefficient, and P 
(1 0) is the filter order of the post filter. 

Regarding claim 29, Kroon discloses a system for conditioning a speech signal 
prior to coding of the speech signal (preprocessor; figure 3, element 100; column 4, 
lines 49-62), the system comprising: 

a buffer memory (memory) for accumulating samples of the speech signal 
(column 1, lines 27-33). 
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However Kroon does not specifically mention a buffer memory and does not 
specifically mention accumulating these samples over the minimum sampling duration. 

It would have been obvious to one of ordinary skill in the art that the memory for 
accumulating samples was a buffer memory for the purpose of flow control and 
sampling over at least a minimum sampling duration to properly ensure that the spectral 
slope can be computed, which is well known in the art. 

Kroon 's system for conditioning a speech signal prior to coding of the speech 
signal also comprises: 

an averaging unit (table 5; moving average predictor codebook) for evaluating 
the accumulated samples to obtain a representative sample; and 

a storage device (efficient storage procedure; column 22, lines 32-34) adapted to 
store spectral characteristics for classifying the speech as a closest one of a defined 
characteristic slope and a flat speech signal (column 17, lines 29-34), but lacks an 
evaluatorand a selector, Kurzdiel discloses: 

an evaluator adapted to determine whether a slope of the representative sample 
(initial analysis frames; column 3, lines 42-52) of the speech signal conforms to a 
defined characteristic slope (column 4, lines 46-54), to remove any spectral tilt; and 

a selector for selecting a preferential one of the first filter (pre-emphasis filter) 
and a second filter for application to the speech signal prior to the coding based on the 
determination on the slope of the representative sample, (initial analysis frames; column 
3, lines 6-52), to cancel out pre-emphasis. 
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Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it determines 
whether a slope of the representative sample of the speech signal and selects one of 
the first filter and a second filter for application to the speech signal prior to the coding 
based on the determination on the slope of the representative sample to equalize or 
flatten the spectrum for voiced speech to prevent instability, which is well known in the 
art. 

Regarding claim 38, Kroon discloses a system where the evaluator is coupled to 
an encoder, where the evaluator sends a flatness or slope indicator to the encoder for 
controlling coding parameters (column 7, line 66 - column 8, line, 9) of a group 
consisting of pitch gains per frame or subframe (pitch gain beta per subframe; column 
21, lines 51-52), at least one filter of a perceptual weighting filter of the encoder (figure 
3, element 165; column 4, lines 49-64), at least one filter coefficient of a synthesis filter 
of the encoder (column 7, line 66 - column 8, line 9), at least one bandwidth expansion 
constant (table 5; f sub o) associated with a synthesis filter of at least one of the 
encoder and a decoder, at least one bandwidth expansion constant (table 5; f sub o) 
associated with a synthesis filter of a decoder (column 12, line 16 - column 13, line 6), 
at least one bandwidth expansion constant (table 5; f sub o) associated with an analysis 
filter of an encoder (column 12, line 16 - column 13, line 6), and at least one filtering 
coefficient associated with a post filter coupled to a decoder (post filter; column 8, lines 
30-37) for performing an inverse signal processing operations with respect to the 
encoder (column 27, lines 49-67), 
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4. Claims 5, 7-9, 24, 33 and 35-36 are rejected under 35 U.S.C. 103(a) as being 
unpatentable by Kroon in view of Kurdziel in further view of well known prior art. 

Regarding claims 5 and 33, Kroon in view of Kurdziel discloses a method and 
system for conditioning a speech signal in preparation for coding of the speech signal 
but lacks applying the second filter to increase a slope of the spectral response of the 
speech signal to approach a more sloped spectral response than the flat spectral 
response in preparation for the coding. 

However, it would have been obvious to one of ordinary skill in the art at the time 
the invention was made to apply the second filter to increase a slope of the spectral 
response of the speech signal to approach a more sloped spectral response than the 
flat spectral response in preparation for the coding, if the coder is designed for MIRS, 
which has a positive spectral slope. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it applies the second 
filter to increase a slope of the spectral response of the speech signal to approach a 
more sloped spectral response than the flat spectral response in preparation for the 
coding to increase the slope if the coder is designed for MIRS for improved quality of 
the reconstructed signal (column 2, lines 14-18). 

Regarding claims 7 and 35, Kroon in view of Kurdziel discloses a method for 
conditioning a speech signal in preparation for coding of the speech signal but lacks the 
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method and the system further comprising assuming the spectral response of a speech 
signal is sloped in accordance with the defined characteristic slope corresponding to a 
typical input speech signal prior to completion of at least one of the accumulating step 
and determining step. 

However, it would have been obvious to one of ordinary skill in the art to assume 
the spectral response of a speech signal is sloped in accordance with the defined 
characteristic slope corresponding to a typical input speech signal prior to completion of 
at least one of the accumulating step and determining step, to minimize having to switch 
filters after spectral pre-processing. 

Regarding claim 8, Kroon in view of Kurdziel discloses a method for conditioning 
a speech signal in preparation for coding of the speech signal but lacks the method 
comprising selecting the first filter as an initial default filter based on the assumption that 
the spectral response of the speech signal is sloped in accordance with the defined 
characteristic slope. 

However, it would have been obvious to one of ordinary skill in the art to select 
the first filter as an initial default filter based on the assumption that the spectral 
response of the speech signal is sloped in accordance with the defined characteristic 
slope corresponding to a typical input speech signal, to minimize having to switch filters 
after spectral pre-processing. 

Regarding claims 9 and 36, Kroon discloses a method and system for 
conditioning a speech signal in preparation for coding of the speech signal but lacks 
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where the defined characteristic slope approximately represents a Modified 
Intermediate Response System (MIRS). 

However, it would have been obvious to one of ordinary skill in the art at the time 
the invention was made to consider a MIRS spectrum so as to be able to use the 
system for an internationally-recognized reference spectral shape in 
telecommunications. 

Regarding claim 24, Kroon in view of Kurdziel discloses a method for 
conditioning a speech signal in preparation for coding of the speech signal but lack the 
method further comprising controlling the value alpha based on the spectral response of 
the speech signal such that alpha approximately equals .2 where the speech signal is 
consistent with MIRS spectral response and alpha approximately equals 0 where the 
speech signal is consistent with a generally flat signal response. 

However, it would have been obvious to one of ordinary skill in the art to control 
the value alpha based on the spectral response of the speech signal such that alpha 
approximately equals .2 where the speech signal is consistent with MIRS spectral 
response and alpha approximately equals 0 where the speech signal is consistent with 
a generally flat signal response because it is obvious not to pre-emphasize if the 
spectrum is already flat. That is, since the MIRS spectrum has a positive spectral slope, 
one obviously needs to reduce the spectral slope so as to get a flattened spectrum. If 
the speech spectrum is already flat (read on "conforms" or "in accordance with the 
defined characteristic slope"), there is no need to change it, thus a different filter (which 
does not essentially change spectral shape) is needed. 
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5. Claims 10-15, 27 and 37 are rejected under 35 U.S.C. 103(a) as being 
unpatentable by Kroon in view of Kurdziel in further view of Miseki et al. (U.S. Patent 
No. 5,864,798), hereinafter referenced as Miseki. 

Regarding claims 10 and 37, Kroon in view of Kurdziel discloses a method and 
system for conditioning a speech signal in preparation for coding of the speech signal 
but lacks adjusting at least one encoding parameter to a revised encoding parameter for 
an encoding process, the at least one encoding parameter affiliated with the selecting of 
one of the first and the second filter. Miseki discloses the method and the system 
further comprising adjusting at least one encoding parameter (column 21, lines 7-12) to 
a revised encoding parameter (converted encoding parameters) for an encoding 
process, the at least one encoding parameter affiliated with the selecting of one of the 
first (synthesis filter; column 21 , lines 56-67 and column 24, lines 21-33) and the second 
filter, to undo pre-emphasis. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it adjusts at least one 
encoding parameter to a revised encoding parameter for an encoding process, the at 
least one encoding parameter affiliated with the selecting of one of the first and the 
second filter because Miseki teaches that the filter makes it possible to select codes 
which faithfully represent original sound. As a result, the quality of sound reconstructed 
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is improved, without increasing tine bit rate remains or using a liigfi-efficiency encoding 
system (column 21, lines 13-19). 

Regarding claim 11, Kroon discloses the method where the adjusting step 
comprises adjusting an encoding parameter selected from the group consisting of pitch 
gains per frame or subframe (pitch gain Beta per subframe; column 21, lines 51-52), at 
least one filter coefficient of a perceptual weighting filter (figure 3, element 165; column 
4, lines 49-64), at least one bandwidth expansion constant (table 5; f sub o) associated 
with a synthesis filter (synthesis filter), and at least one bandwidth expansion constant (f 
sub o) associated with an analysis filter (analysis filter; column 12, line 16 - column 13, 
line 6) . 

Regarding claim 12, Kroon in view of Kurdziei discloses a method and system 
for conditioning a speech signal in preparation for coding of the speech signal but lacks 
adjusting at least one decoding parameter to a revised decoding parameter for a 
decoding process, the at least one decoding parameter affiliated with the selecting of 
one of the first filter and the second filter. Miseki discloses the method further 
comprising the step of adjusting at least one decoding parameter (figure 1 , element 
101) to a revised decoding parameter (changing the value of a parameter; column 2, 
lines 6-15) for a decoding process, the at least one decoding parameter affiliated with 
the selecting of one of the first filter and the second filter (figure 8; column 1 , lines 20-30 
and column 4, lines 30-34), to undo pre-emphasis. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it adjusts at least one 
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decoding paranneter to a revised decoding parameter for a decoding process, the at 
least one decoding parameter affiliated with the selecting of one of the first filter and the 
second filter because Miseki teaches that this will enhance the speech quality of the 
decoded speech and synthesis speech (column 21, lines 13-19). 

Regarding claim 13, Kroon discloses the method where adjusting a decoding 
parameter (decoding parameters; column 8, lines 7-9) selected from the group 
consisting of at least one bandwidth expansion constant (table 5; f sub o) associated 
with a synthesis filter (synthesis filter; column 12, line 16 - column 13, line 6) and at 
least one linear predictive filter coefficient (LP filter) associated with a post filter (post 
filter; column 8, lines 30-37). 

It would have been obvious to one of ordinary skill in the art at the time the 
invention was made to consider a MIRS spectrum so as to be able to use the system for 
an internationally-recognized reference spectral shape in telecommunications. 

Regarding claim 14, Kroon in view of Kurdziel discloses a method and system 
for conditioning a speech signal in preparation for coding of the speech signal but lacks 
adjusting at least one coding parameter to a revised coding parameter for at least one 
of an encoding and decoding process, the at least one coding parameter affiliated with 
the selecting of one of the first filter and the second filter. Miseki discloses the method 
further comprising the step of adjusting at least one coding parameter (column 21 , lines 
7-12) to a revised coding parameter (converted encoding parameter) for at least one of 
an encoding (encoding side) and decoding process, the at least one coding parameter 
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affiliated with the selecting of one of the first filter (synthesis filter; column 21 , lines 56- 
67 and column 24, lines 21-33) and the second filter, to undo pre-emphasis. 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroons invention such that it adjusts at least one 
coding parameter to a revised coding parameter for at least one of an encoding and 
decoding process, the at least one coding parameter affiliated with the selecting of one 
of the first filter and the second filter because Miseki teaches that this will enhance the 
speech quality of the decoded speech and synthesis speech (column 21, lines 13-19). 

Regarding claim 15, Kroon discloses the method where the adjusting step 
comprises adjusting a coding parameter (column 7, line 66 - column 8, line, 9) selected 
from the group consisting of pitch gains per frame or subframe (pitch gain beta per 
subframe; column 21 , lines 51-52), at least one filter coefficient of a perceptual 
weighting filter (figure 3, element 165; column 4, lines 49-64), at least one bandwidth 
expansion constant (table 5; f sub o) associated with a synthesis filter, at least one 
bandwidth expansion constant associated with and analysis filter (column 12, line 16 - 
column 13, line 6), and at least one linear predictive filter (LP filter) coefficient 
associated with a post filter (post filter; column 8, lines 30-37). 

Regarding claim 27, Kroon in view of Kurdziel discloses a method and system 
for conditioning a speech signal in preparation for coding of the speech signal but lacks 
adjusting a frequency response of a post filter by selecting different values of post- 
filtering weighting constants of gammal and gamma 2 in response to the determined 
slope or flatness of the speech signal. Miseki discloses the method further comprising 
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the step of adjusting a frequency response of a post filter by selecting different values of 
post-filtering weighting constants of gammal (gamma) and gamma 2 (gamma') in 
response to the determined slope or flatness of the speech signal (flat), to stably effect 
the pitch tilt compensation (column 13, lines 10-21). 

Therefore, it would have been obvious to one of ordinary skill in the art at the 
time the invention was made to modify Kroon's invention such that it adjusts a 
frequency response of a post filter by selecting different values of post-filtering 
weighting constants of gammal and gamma 2 in response to the determined slope or 
flatness of the speech signal because Miseki teaches that this will enhance the speech 
quality of the decoded speech and synthesis speech (column 21, lines 13-19). 

Allowable Subject Matter 
6. Claims 20 and 28 are objected to because: 

Claim 20 recites a method and system for conditioning a speech signal in 
preparation for coding of the speech signal. Prior art such as Kroon show similar 
methods and systems but fails to teach the recited methods and systems wherein 
gamma is set to a first value of approximately .99 if the slope of the representative 
sample is consistent with an M IRS spectral response and gamma is set to a second 
value of approximately .995 where the slope of the representative sample is generally 
flat or approaches zero, to adjust the general tilt. 

Claim 28 recites a method and system for conditioning a speech signal in 
preparation for coding of the speech signal. Prior art such as Kroon show similar 
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methods and systems but fails to teach the recited methods and systems wherein 
gammal and gamma2 approximately equal .65 and .4, respectively, if the speech signal 
is consistent with an MIRS spectral response; and where gammal and gamma2 
approximately equal .63 and ,4, respectively, if the speech signal is consistent with a 
generally flat signal response. 

Therefore, claims 20 and 28 would be allowable if rewritten to include all of the 
limitations of the base claim and any intervening claims. 
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Double Patenting 



7. The nonstatutory double patenting rejection is based on a judicially created 
doctrine grounded in public policy (a policy reflected in the statute) so as to prevent the 
unjustified or improper timewise extension of the "right to exclude" granted by a patent 
and to prevent possible harassment by multiple assignees. See In re Goodman, 1 1 
F.3d 1046, 29 USPQ2d 2010 (Fed. Gir. 1993); In re Longt\ 759 F.2d 887, 225 
USPQ 645 (Fed. Cir. 1985); In re Van Ornum, 686 F.2d 937, 214 USPQ 761 (CCPA 
1982); In re Vogel, 422 F.2d 438, 164 USPQ 619 (CCPA 1970);and, In re Thorington, 
418 F.2d 528, 163 USPQ 644 (CCPA 1969). 

A timely filed terminal disclaimer in compliance with 37 CFR 1 .321(c) may be 
used to overcome an actual or provisional rejection based on a nonstatutory double 
patenting ground provided the conflicting application or patent is shown to be commonly 
owned with this application. See 37 CFR 1.130(b). 

Effective January 1 , 1994, a registered attorney or agent of record may sign a 
terminal disclaimer. A terminal disclaimer signed by the assignee must fully comply with 
37 CFR 3.73(b). 

This is a provisional obviousness-type double patenting rejection because the 
conflicting claims have not in fact been patented. 



8. Claims 1-2, 4, 6-9, 11,13, 15-30, 32 and 34-38 are provisionally rejected under 
the judicially created doctrine of obviousness-type double patenting as being 
unpatentable over claims 1-31 of copending Application No. 09/783,822. Although the 
conflicting claims are not identical, they are not patentably distinct from each other 
because selecting one of a first filter and a second filter, which is claimed in copending 
application No. 09/781, 735, would lead to a coding parameter, which is claimed in of 
copending Application No. 09/783,822, because the filter changes the signal. The pre- 
processor filter parameter (pre-emphasis filter) is part of the coder. Therefore, it would 
have been obvious to one of ordinary skill in the art at the time the invention was made 
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that the coding parameter (mentioned in claims 1-3, 6, 8-10, 24-26 and 30-31 of 
copending Application No. 09/783,822) is actually the preprocessing for the filter. 

This is a provisional obviousness-type double patenting rejection because the 
claims have not in fact been patented. 

Conclusion 

9. The prior art made of record and not relied upon is considered pertinent to 
applicant's disclosure. 

> U.S. Patent No. 6,617,371 to Miet et al. discloses a speech filter for digital 
electronic communications 

1 0. Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Jakieda R Jackson whose telephone number is 
703.305.5593. The examiner can normally be reached on Monday through Friday from 
7:30 a.m. to 5:00p.m. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Talivaldis I. Smits can be reached on 703. 306-301 1 . The fax phone 
number for the organization where this application or proceeding is assigned is 703- 
872-9306. 
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Information regarding the status of an application may be obtained from the 
Patent Application Information Retrieval (PAIR) system. Status information for 
published applications may be obtained from either Private PAIR or Public PAIR. 
Status information for unpublished applications is available through Private PAIR only. 
For more information about the PAIR system, see http://pair-direct.uspto.gov. Should 
you have questions on access to the Private PAIR system, contact the Electronic 
Business Center (EBC) at 866-217-9197 (toll-free). 



JRJ 

March 23, 2004 
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